Abstract-We present a bandwidth-efficient joint channel coding-modulation scheme conceived for the broadcast channel of decode-and-forward (DF) two-way relaying (TWR), where trellis-coded modulation (TCM) is intrinsically amalgamated with network-coded modulation (NCM) for achieving both a channel coding gain and a high throughput. We conceive a lowcomplexity receiver algorithm for our joint TC-NCM scheme, which applies decoding and demodulation simultaneously, without the need to first demodulate the signal before decoding, as in the traditional solutions. As a further contribution, the TC-NCM scheme is intrinsically amalgamated with adaptive transceiver techniques. We then further investigate the performance of our near-instantaneously adaptive discrete-rate TC-NC-quadratureamplitude modulation/phase-shift keying (QAM-PSK) scheme. Both simulation results and numerical analysis are presented, which are compared with the performance of traditional NCM schemes. The results show that our scheme not only increases the achievable transmission rate but improves the reliability as well, yet it is of modest complexity.
I. INTRODUCTION

W
ITHIN just a few decades, wireless communications have undergone a rapid growth from their initial conception to worldwide penetration, which has changed our daily lives as well as the way we think. Mobile communication has become the most important linkage between individuals and information networks. The increasing density of mobile users has fueled an escalating demand for higher capacity and reliability of the network. Relaying combined with other powerful physical layer transmission techniques are capable of significantly improving the achievable spectrum efficiency and/or expanding the range of high-throughput cellular coverage. As an attractive solution, network coding (NC) [1] , [2] , which was originally proposed for wired networks, is capable of significantly improving a wireless relaying network's throughput and robustness. Since 2000, diverse NC techniques have been conceived for multiuser communication relying on relaying [3] - [13] . To the best of our knowledge, the treatise of Wu et al. [3] was the first NCcontribution on the practical subject of simultaneous two-way information exchange between two nodes. NC methods conceived for multiuser communications were investigated in [4] and [6] . Larsson et al. [4] invoked joint data packet encoding in conjunction with a priori known information for bi-directional relaying. As a further development, Nguyen et al. [5] studied the upper and lower frame error ratio performance bounds of cooperative multiuser systems, while in [6] , noncoherent nearcapacity NC schemes relying on the extrinsic information transfer charts are designed. NC techniques for TWR channel were developed in [7] - [13] . Thereinto, Popovski and Yomo [7] explored several methods invoking physical-layer NC for the TWR channel, Xie [8] and Wu [9] investigated the downlink capacity of asymmetric 1 decode-and-forward TWR (DF-TWR). More explicitly, Larsson [10] provided a low-complexity XOR-based NC en-/decoding method, while Manssour et al. conceived a generalized symbol-level multiplicative NC scheme in [11] , where NC-quadratic-amplitude modulation (QAM) was considered in detail. Furthermore, they proposed an NC-aware link adaptation scheme for the wireless broadcast channel (BC) and combined it with XOR-based NC and generalized multiplicative NC in [12] , which is capable of achieving a significantly improved throughput. Further research on asymmetric DF-TWR with NC modulation (NCM) was conducted by Chen et al. [13] , where set-partitioning-based NCM and a NC-oriented maximum ratio combining (NC-MRC) scheme was conceived for the sake of maximizing the throughput, while achieving a beneficial diversity gain. NCM proposed in [11] - [13] have laid the foundations of asymmetric transmission research for TWR. Additionally, in [12] and [13] , Manssour et al. and Chen et al. conceived adaptive NCM based on variable-rate transmissions, which motivates us to further investigate the family of adaptive NCM techniques designed for DF-TWR over time-varying channels.
Near-instantaneously adaptive modulation is capable of realizing reliable communications over hostile fading channels. More explicitly, provided that the channel's complex envelope is known at the transmitter, an increased throughput can be achieved by adapting the transmit power, data rate, and coding scheme according to the near-instantaneous fading level [14] . A substantial amount of in-depth research has been dedicated to this topic [15] - [20] . Torrance and Hanzo [15] designed a set of optimum mode-switching levels, which was found for a generic constant-power adaptive-modulation scheme based on a specific target bit-error-rate (BER) by maximizing the achievable bits-per-symbol throughput. Goldsmith and Chua [16] proposed variable-rate variable-power transmission using uncoded M -ary QAM (MQAM), while coded adaptive MQAM was investigated in [17] . Channel coding is of crucial importance in wireless research [18] - [20] . Thereinto, Yee et al. characterized Turbocoded adaptive MQAM in [18] . Both space-time trellis and space-time block coding were investigated in [19] . Hanzo et al. [20] conducted in-depth research on adaptive-coded modulation conceived for time-division multiple access (TDMA), code division multiple access, and orthogonal frequency division multiplexing (OFDM), systems. In a nutshell, during the 2000s, these solutions have found their way into literally all wireless standards. Furthermore, they provided two directions for our study of DF-TWR. One direction is the joint power and rate adaptation, which was proposed in [13] for NCM to improve the bandwidth efficiency of relaying network. The other direction is the joint design of channel coding with NCM, which holds the potential of significantly improving the network's robustness.
As for the first direction, Chen et al. [13] have explored constant-power, variable-rate adaptive NCM, where only the rates are time-variant, subject to the channel conditions. A combination of the techniques advocated in [13] and [16] was invoked for DF-TWR's downlink in [21] , where joint variablepower and variable-rate schemes were investigated in order to improve the throughput of networks. However, most of these adaptive solutions were designed without considering spectrally efficient coding, with the exception of [17] and [18] .
We continue by considering the second direction for TWR. Both channel coding and modulation techniques have to be designed for maintaining a certain target-integrity, but these two techniques are often designed separately. Hence, the joint design of channel coding, adaptive modulation, and NC for DF-TWR is still in its infancy and currently there is a paucity of contributions on related research. Inspired both by the trellis-coded MQAM philosophy of [17] and the adaptive turbo-trellis-coded modulation-aided asymmetric distribution source coding of [22] , we conceived a novel coding scheme termed as trellis-and network-coded modulation (TC-NCM). Explicitly, we intrinsically amalgamate both adaptive NCM [21] and TCM [23] , [24] for the downlink of DF-TWR, so that both the information transmission rate and the reliability are improved. Since the achievable channel coding gain is essentially independent of the selection of modulation [17] , we can adjust the transmit power, the two links' coding design, as well as the pair of transmit rates at the RN to maximize the average data rate without affecting the BER performance and the coding gain.
Against this background [13] , [16] , [17] and [21] , we would like to summarize our main contributions as follows:
1) Peer-to-peer versus two-way relay channel: We extend the single-link peer-to-peer regime of [16] , [17] to the DF-TWR scenario, in which the transmit power at the RN has to simultaneously adapt to a pair of potentially different channel conditions, rather than to a single link.
2) An intrinsic amalgam of TCM and NCM:
We adapt the standalone TCM [17] and the standalone NCM concepts [13] , [21] by intrinsically amalgamating them into a new, inseparable, and more powerful scheme without requiring any bandwidth expansion. This powerful combination of NCM with bandwidth-efficient TCM leads to a joint encoder structure associated with the pair of bidirectional links of two-way relaying.
3) Joint design of our NC-aided trellis-coding algorithm:
By exploiting the innate structure of TCM, we develop a joint TC-NCM scheme. Additionally, in contrast to traditional solutions [17] , joint decoding and demodulation is conceived, which operates without the need to first demodulate the signal before decoding. 4) Limitations imposed on the joint encoder: A specific constraint of our near-instantaneously adaptive DF-TWR technique is that a signal-to-noise ratio (SNR)-loss is imposed by NC-QAM, which is analyzed. The remainder of this paper is organized as follows. We commence by describing both the system and the channel model of DF-TWR in Section II. We then conceive our generic structure of TC-NCM in Section III, where the motivation, the transmitter design, as well as the data flow are detailed. Based on the proposed structure, we develop the transmission mechanism of TC-NCM in Section IV, which is followed by the performance analysis of the proposed adaptive TC-NC-QAM/phaseshift keying (PSK) scheme in Section V. Finally, we present our simulation and numerical results, characterizing the new scheme in Section VI, with our concluding remarks provided in Section VII.
II. SYSTEM AND CHANNEL MODELS
Consider a typical asymmetric DF-TWR scenario. The timedivision multiplexing/TDMA two-way relay communication system is shown in Fig. 1 , where the users are multiplexed to transmit in different time slots. The two destination nodes (DN1 and DN2) wish to exchange information between each other via the RN, where it is assumed that the channel is bidirectional and half-duplex so that transmission and reception at each node must take place in different time slots. The typical DF-TWR transmission can be divided into two distinct stages: 1) the multiple access (MA) stage when Source Node 1 and Source Node 2 (SN1 and SN2) separately send their data to the RN and 2) the BC stage, when the RN broadcasts the processed signal to both DN1 and DN2. In particular, each DN has a priori knowledge of its own message intended for the other. Throughout this paper, we only focus our attention on the BC stage, where it is assumed that the RN has already successfully received the signals from the two source nodes during the MA stage. 2 Building on the BC stage of Fig. 1 , our overall TC-NCM design is shown in Fig. 2 [16] , while S denotes the average transmit power. Furthermore, N 0 i denotes the noise power spectral density. When the context is unambiguous, we will omit the time reference t related to g i , γ i , and γ i .
Since the channel is time-variant, we adopt the general Nakagami-m model for describing γ i statistically, with the 2 During the MA stage, SN1 and SN2 transmit in two different time-slots to avoid their mutual interference [13] . fading distribution p(γ i ) given by (see [25] and [26, Ch. 3 
where γ i represents the instantaneous SNR, γ i denotes the average SNR, Γ (m) := ∞ 0 t m − 1 e −t dt is the Gamma function, and m is the Nakagami fading parameter. We choose the Nakagamim distribution, because it is mathematically convenient and can be applied for modeling a large class of fading channels, without having to derive separate equations for the AWGN, Rayleigh and Ricean probability distribution function. Explicitly, it includes the Rayleigh channel as a special case, when m = 1. Additionally, a one-to-one mapping between the Ricean factor and the Nakagami fading parameter m allows also Ricean channels to be closely approximated by Nakagami-m channels.
Having outlined the transmission model, next we list all of our operating assumptions used throughout this paper. A1) We consider slowly varying nondispersive fading channels. If the channel is changing faster than the rate at which it can be estimated and fed back to the transmitter, adaptive techniques will perform poorly. Therefore, it is assumed that the constellation size (transmit rate) must remain constant over hundreds of symbols. Since the constellation size is adapted to an estimate of the channel's fading level, dozens of symbol durations may be required to obtain a reliable estimate. A2) Perfect channel state information is available both at the RN and DNs. It is assumed that the pair of feedback path does not introduce any errors, which can be approximately satisfied, provided that sufficiently powerful error correction and detection codes are used on the feedback path. A3) It is assumed that the feedback path delays are τ i = 0, i = 1, 2. The effects of feedback path delays on adaptive modulation were analyzed in [16] , where it was found that a feedback path delay of less than 0.001/f D only results in a modest performance degradation. A4) For practical MQAM, it is required that the signal constellations are restricted to M j = 2 2k , j = 1, 2;k = 2, 3, . . ., which implies that the coset codes employed have a zero constellation shaping gain. Additionally, the signal constellations of M -ary PSK (MPSK) are restricted to M j = 2k , j = 1, 2;k = 2, 3, . . ..
III. COMBINING TRELLIS-CODED MODULATION WITH NETWORK-CODED MODULATION
Based on the system and channel model of 
A. Motivation of the Structure
Let us recall the salient characteristics of TCM. It is well known that Ungerboeck's scheme [24] combines coding and modulation by expanding the Euclidean distance (ED) between codewords and absorbs the parity bits without bandwidth expansion by doubling the number of constellation points due to increasing the number of bits/symbol by one. This design jointly optimizes both channel coding and modulation, hence again, resulting in significant coding gains with no bandwidth expansion.
Based on the general type of coset coding advocated by Goldsmith [17] and [26, ch. 8] , we develop our adaptive TC-NCM structure of Fig. 3 , where the transmitter adapts the coding rate and modulation mode according to the channel estimates fed back via feedback channels, by adjusting a 0 , a 1 , . . . , a n 1 and c 0 , c 1 , . . . , c n 2 . More explicitly, the channel coding of Fig. 4 is constituted by a convolutional encoder, with the modulation relies on symbol-based NCM. This intrinsically amalgamated structure enables us to achieve both a channel coding gain and all the NC benefits simultaneously.
B. Transmitter Design
Inspired by the general design of coset coding [26, Chapter 8.7] and by the system model of Fig. 2 , we conceive the general architecture of our TC-NCM-aided transmitter design in Fig. 3 . The function of each module is described as follows:
1) Convolutional Encoder operates on k uncoded data bits to produce k + r coded bits, which is the basic component of TCM. In our design, we use Ungerboeck's heuristics [24] to design the trellis structure and the bit-to-symbol assignment for four-and eight-state codes. 
C. Data Flow of TC-NCM
In accordance with the above design, we will next detail the data flow in our proposed TC-NCM scheme.
1) Adaptive Trellis Codes:
The messages received at the RN during the MA stage are denoted by W 1 and W 2 , as shown in Fig. 2 , where the serial-to-parallel converter converts a number of bits into symbols. Let us assume that based on the pair of channel condition, we have already determined both the coding rates and constellation sizes (M 1 and M 2 ). The parallel signals (take a i for example) a 0 , a 1 , . . . , a n 1 will be encoded by the trellis encoder according to M 1 . Then, a specific symbol will be jointly generated by the coset selector and the bit-to-symbol mapper. Here, adaptation signifies that the coding modes vary with the instantaneous SNR. Additionally, we have to point out a specific feature of our design, because for the pair of downlink, we have to first determine the most appropriate transmit mode of one of the links, while the mode of the other link will depend on the above-mentioned mode already determined.
2) Generate an NCM Symbol: Having generated both the downlink symbols by the pair of trellis encoders, let us now continue by describing our symbol-based NC-QAM/PSK method of [13] . As for the static asymmetric DF-TWR's downlink, the equivalent baseband signals received at the coherent receiver of DN1 and DN2 are represented by
where Y i denotes the received modulated signal, with |h i | 2 = g i denotes the channel gains, X denotes the transmit symbol at the RN. For the discrete-time downlink channel with t denoting the time instants, the variables in (2) can be represented by
, and n i [t] , as shown in Fig. 2 . For convenience, the following discussions consider the static case for demonstration. Relying on the universal NCM method based on the classic setpartitioning philosophy of [13] , the detailed generations of the transmit symbol X for NC-QAM/PSK are described below.
The constellation sizes of the two downlink traffic flows are denoted by
The messages W 1 , W 2 are mapped to amplitude/phase points corresponding to M 1 and M 2 by the bit-to-symbol constellation mapper. Then the pair of amplitude/phase symbols are merged into a single signal X using the modulo-two operation at the RN. We briefly elaborate on our NC-QAM/PSK scheme following these steps. The NC-QAM symbol is generated by obeying the following steps:
Step 1: Given an MQAM constellation size, determine A i from
Step 2: Formulate the constellation points from Step 3: Process the normalized amplitudes (a
Step 4: Generate the NC-QAM symbols as
The NC-PSK symbol is generated by the steps below:
Step 1: Given the MPSK constellation size, determine Θ i as
Step 2: Identify a normalized MPSK constellation point by θ 1 and θ 2 as follows:
with d denoting half of the constellation-spacing in QAM, while E s denotes the symbol energy.
Step 3: Generate the symbol's phase θ according to
Step 4: Generate the NC-PSK symbol as
Finally, the modulated NC-QAM/PSK signal X at the RN will be broadcast to the pair of DN1 and DN2.
3) Receiver Design: For the three-timeslot-based NC scheme, Chen et al. proposed an NC-MRC scheme for combining the network-coded signal and the original signal of the source [13] . At the receiver side, we apply our NC-MRC detection scheme for processing Y i . The Viterbi decoding algorithm will be invoked for signal reconstruction. We will then get W 1 andŴ 2 .
IV. ENCODER AND DECODER
Based on the structure design of TC-NCM conceived in the previous section, we will then focus our attention on designing the encoding algorithm and the transmission mechanism, where Sections IV-A and B outline our motivation and set partitioning philosophy, respectively. In Section IV-C, we design the transmission mechanism and coding algorithm, while Section IV-D details our decoder design.
A. Motivation for the Coding Design
As a joint channel coding and modulation scheme, TCM constitutes a signal-space code, which employs an expanded signal constellation for the sake of absorbing the channel coding parity bits used for providing an error correction capability. In one way, Ungerboeck's TCM scheme uses multilevel/phase signal modulation and simple convolutional coding combined with set-partitioning-based bit-to-symbol mapping [23] , [24] . Therefore, the TCM scheme improves the maximum free ED. Yet, in another way, our NCM technique relies on the specific set-partitioning philosophy of [13] . Amalgamating the above two designs results in our TC-NCM coding design, which intrinsically incorporates NC into the classic TCM.
The major differences between classic TCM and our amalgamated scheme are as follows:
1) TCM now operates in a DF-TWR scenario instead of the single-link-based peer-to-peer transmission of [17] . To achieve the desired channel coding gain of TCM, we have to jointly design the coding scheme for the coupled pair of downlinks.
2) Specific constraints are imposed on both the downlink component encoders because the coded-rates are decided by the SNRs γ 1 and γ 2 . Furthermore, a moderate SNR-loss is imposed by NC-QAM.
B. Set-Partitioning-Based TC-NCM Design
As we defined in the previous section, two message sequences at the RN are W 1 and W 2 , as shown in Fig. 3 . The mode switching modules select M 1 and M 2 constellation modes 4 to transmit W 1 and W 2 subject to the pair of instantaneous SNRs γ 1 and γ 2 , separately. Aiming at maximizing the minimum ED of the legitimate symbols transmitted both for RN→DN1 and RN→DN2 so as to satisfy the BER constraints, we then conceive the general coding principle of TC-NCM in Algorithm 1. Previous message sequences W 1 and W 2 will be mapped into the single symbols of X i [ξ i ] using the set-partitioning-based TC-NCM method of Algorithm 1. What calls for special attention is that 1) Algorithm 1 guarantees that the EDs of both the legitimate symbols of M 1 and M 2 for the message W 1 and W 2 are always maximized and 2) that the set of all legitimate NCM symbols is exactly the same as M 2 .
As mentioned above, in conventional systems, the decoding and demodulation are designed separately, whereas TCM provides a solution to integrate the decoding and demodulation. Taking advantage of this property, we combine the NCM technique with TCM, resulting in our proposed TC-NCM algorithm. Based on this architecture, an improved Viterbi decoding algorithm is conceived for decoding the TC-NCM signal at DNs as shown in Algorithm 2, with explanations of its parameters listed as follows:
the ED of signals between two constellation points; 2) C p,q : the state of coding memory transferring i to j; 3) BM i,t (p, q) , q = 1, 2, . . . , Q: the minimum ED among the nth time slot of the received signal Y i,t and C p,q ; 4) PM i,t (q): the minimum ED among the candidate sequence and the received sequence, when at the time instant T it has a trellis state of q; 5) SUR i,t (q): the maximum likelihood decoded sequence, when at the time instant t it has a trellis state of q. Relying on the philosophy of TC-NCM conceived above, specific modulation schemes will be proceeded in detail, namely TC-NC-QAM/PSK. Based on the adaptive NC-QAM/PSK schemes of [21] and on the peer-to-peer-coded MQAM design of [17] , we will further investigate the joint channel coding and adaptive TC-NCM design for the downlink of DF-TWR. Let us now apply the general method of coded modulation proposed above for the NC-QAM/PSK. The design of the encoding and decoding design constitutes the foundation of the adaptive TC-NC-QAM/PSK scheme, which will be described soon.
C. Encoder Design of TC-NC-QAM/PSK
Let us first consider the concrete TC-NC-QAM/PSK coding design based on Figs. 3 and 4 and Algorithm 1. In the following discussion, we will take TC-NC-8PSK and TC-NC-16PSK modulator with code rates of Rate 1 = 2/3 and Rate 2 = 3/4 as the specific example to elaborate the general principle of Algorithm 1. In particular, assumption A4) is applied for PSK and/or QAM, which signifies the simplest scenario associated with the former being a subset of the latter. Based on Algorithm 1, the modulated NC symbol is generated by following these steps. 
r Operate on the (n 2 − k 2 ) additional uncoded bits to choose one of the signal points
r Record the size of subset χ 
Step 1: The message sequences W 1 and W 2 at RN will be converted into parallel signals by the serial-parallel converter, respectively. The serial sequence W 2 will be addressed first because it is assumed M 2 ≥ M 1 in Algorithm 1 as an example. The resulting parallel bits are labeled as c i , i = 0, 1, 2, . . . , n 2 , as shown in Fig. 3 . Then, k 2 bits will be processed by the convolutional encoder of Fig. 4 , while r 2 uncoded bit will be used for constellation mapping. For example, as RN→DN2 link employs TC-NC-16PSK using Rate 2 = 3/4, thus the first three bits of W 2 = "01101001 . . ." will be labeled as c 2 = 0, c 1 = 1, and c 0 = 1, with k 2 = 2 and r 2 = 1 corresponding to the eightstate TCM.
Step 2: k 2 uncoded bits are generated by the convolutional encoder to produce three encoded bits. Similar to the classic TCM structure depicted in Fig. 4 , in most instances, we employ a ratek/(k + 1) convolutional encoder according to Ungerboeck's design [24] . Continuing by the above example, the bits {c 1 , c 0 } are encoded by the system's recursive convolution code to generate {b 2 Step 4: Apply parallel-serial convert r Operate on the minimum PM i to restore the decoded parallel signal Z i r Convert Z i into the serial signalŴ i generates {b 3 }, as seen in Fig. 4 . Then, we obtain the codeword C 1 = {b 3 , b 2 , b 1 , b 0 }, with a code rate of Rate = 3/4.
Step 3: According to the general set-partitioning method of TCM, the "Coset Selector 2" of Fig. 3 uses {b 2 , b 1 , b 0 } to choose a subset of the M 2 = 16 constellation. At the same time, the "Signal Point Selector 2" uses the bits {b 3 } to select a specific constellation point from the selected subset. Then, the "Constellation Map 2" of Fig. 3 maps the codeword C 1 to the selected point of the M 2 constellation. Fig. 5(a) shows the mapping philosophy of TC-NC-16PSK. The above example {c 2 , c 1 , c 0 } is eventually mapped to C 1 = {0100}. Additionally, we may infer the signal's phase of θ 2 = 3π/4, whereas for QAM we would similarly obtain the symbol's amplitudes.
Step 4: Algorithm 1 and assumption A4) 5 guarantee that M 1 itself is a subset of M 2 , therefore we may employ Steps 1-3 to map W 1 to a specific symbol of the constellation M 1 . For example, for the RN→ DN1 link employing TC-NC-8PSK for W 1 = "010011 . . .," {a 1 , a 0 } = {01} will generate {010}. Thus, we may infer the code rate of 2/3 and the phase θ 1 = π/2 of the point, which is shown as an example in Fig. 6(a) .
Step 5: Use the modulo addition of the phases θ 1 and θ 2 (or the amplitudes a I , a Q for QAM) to produce the NC symbol phase of θ = [θ 1 + θ 2 ] mod 2π. The concrete operation of our NC-QAM/PSK is detailed in the previous section (see Section III). Continuing the above example, it will generate a phase of θ = 5π/4 along with the corresponding code words {0110}, converting the signal point into a complex signal. Then, the downlink transmitter of the RN broadcasts the modulated signal X to both DN1 and DN2.
A few further points have to be noted: 1) The trellis may have four, eight, 16, or even more states. In reality, for most applications, the complexity constraints of the current hardware designs typically limit the number of trellis states. 2) Embedding the message W 1 into W 2 does not affect the maximum of the minimum ED amongst the legitimate symbols, which implies that beneficial coding gains can be obtained.
D. Decoder Design of TC-NC-QAM/PSK
Specifically, our decoder design improves the traditional Viterbi algorithm by invoking the NC philosophy for calculating the metrics as described below. In the demodulator design of NC-QAM/PSK [13] , the receivers DN1 and DN2 know More explicitly, we carry out the above-mentioned circular constellation rotation when calculating the branch metric (BM) in the Viterbi algorithm. This is essential because there is no need to add dedicated modules for separately demodulating the symbols in our current design. The joint demodulation and decoding constitutes an inseparable core of the TCM structure.
We continue our receiver design based on Algorithm 2 on the previous example of using TC-NC-16PSK and TC-NC-8PSK for elaboration. After DN1 and DN2 receive a series of the RN's broadcast signal X, the decoders decode the signal using the steps listed below.
Step 1: Let us denote the sequence transmitted by the RN as X 0 , X 1 , X 2 , . . . , X t and the message sequence received by DN1 and DN2 by Y i,0 , Y i,2 , Y i,3 , . . . , Y i,t , i = 1, 2, where t is the time instant. We then construct both the specific state diagram and state-transition diagram, corresponding to the convolutional encoder. Fig. 7 shows the eight-state state-transition diagram of 16PSK.
Step 2: As W 1 has to be transmitted via the RN→DN2 link, we can identify in advance the specific state transitions based on the constellation mapping rules and on the state-transition diagram. Continue with the Step 1 above, we then calculate the EDs between the received signal and all the other legitimate signal constellation points. Here, the EDs (or BM) are calculated by taking into account the a priori knowledge of having θ 2 = 3π/4 at the DN2, which is equivalent to pairing the codewords and the modulated phase rotating the constellation anticlockwise by an angle of θ 2 , as seen in Fig. 6(b) . We may therefore obtain minimum ED BM 2,t (p, q).
Step 3: Update the patch metric, continuing now with the TC-NC-16PSK example. Let us assume all the P states before the current q state are
Calculate the sum of each previous path metric PM 2,t−1 (q p ), p = 1, . . . , P with the current branch metric BM 2,t (p, q). Find the max one, and let it be the patch metric at current time instant t by calculating
where we have q = 1, . . . , P , with P denotes previous P status.
Step 4: Update the surviving path SUR 2,t (q). Each state along the surviving path is associated with an information symbol output during the tth time slot. Compare all the accumulated path metrics PM 2 that merge into the same state and then retain the more likely one, while discarding the other one. Thus, the decoding output is uniquely and unambiguously specified by the surviving path SUR 2,t (see dashed line in Fig. 7) , having the minimum accumulated path metric along all the states. A final note about this step is that when employing for judgment at each state, there may occur that the ED values of two paths are the same, then any of the two path may be used for decoding the sequence because the accumulated path values are the same.
Step 5: Convert the decoded parallel signals, say, {ĉ 2 ,ĉ 1 ,ĉ 0 } into a serial sequence. Then, DN2 recovers the received messagê W 1 . For the RN→DN1 link, we may employ the same method and the a priori information θ 1 , as in the previous steps, to recover the messageŴ 2 .
V. PERFORMANCE EVALUATION
Upon using the subset partitioning inherent in coded modulation, trellis or lattice codes designed for fading channels can be directly amalgamated with adaptive modulation. Therefore, we can adjust both the power and the transmit rate (constellation size) as a function of the instantaneous SNR without affecting the attainable channel coding gain. The relationships between power, rates, and BER constraints 6 were investigated in detail in [16] and [21] . More explicitly, a transmit power control policy of joint power-and rate-adaptive NCM designed for DF-TWR's downlink was derived in [21] . If we use this power control policy in conjunction with the superimposed trellis code proposed in the previous section (see Section IV), then we can reduce the transmit power S(γ 1 , γ 2 ) by the effective power gain of G e of TCM and still maintain the target BER. Some of the coding gains of TCM-PSK and TCM-QAM are summarized in Tables I and  II [23] , wherem denotes the number of input uncoded bits, and h 0 , h 1 , and h 2 are parity-check coefficients [23] . These gains can be achieved in each mode of our adaptive TC-NC-QAM/PSK scheme.
We will next get into the performance analysis in more detail. Before presenting the analysis, we list all the symbols and their meaning in Tables III and IV to augment our exposition.
In discrete-rate adaptive NCM design, we determine the constellation size associated with each SNR by discretizing the range of channel fade levels. Specifically, the range of γ i will be divided into N i fading regions, where R i,n i = [γ i,n i −1 , γ i,n i ) , n i = 1, . . . , N i denotes the fading boundaries, where we have γ i,0 = 0, γ i,N i = ∞. We, hence, activate the pair of fixed constellation sizes M 1,n 1 , M 2,n 2 , when we have γ 1 ∈ R 1,n 1 , γ 2 ∈ R 2,n 2 . For discrete-rate adaptive NCM, we denote the discrete constellation sizes by M 1,η , η = 1, 2, . . . , n 1 and M 2,δ , δ = 1, 2, . . . , n 2 , as shown in Fig. 8 . We define in Table III that the BER constraints for RN→DN1 and RN→DN2 be P 1 and P 2 . Then, based on BER bounds in [16] and [21] and on coding gain G e , we arrive at the pair of BER expression for TC-NC-QAM/PSK:
with the transmit rate for the pair of links given by
Interpretation of parameters are shown in Table III . To facilitate the following discussion, (13) can be rewritten as
with the SNR-loss λ i 7 denoted by (16) where K i = −β 2 /ln (P 1 /β 1 ) is related to the BER constraints P 1 and P 2 . Additionally, β 1 , β 2 , β 3 , β 4 are constants that correspond to the specific QAM/PSK modes [26] , as shown in Table IV .
Combining our objectives with the constraints of (13), we next formulate the optimization problem.
Problem Definition: Maximizing the weighted achievable throughput, subject to both the average power and BER constraints, yields the following:
This is a high-dimensional multivariable discrete optimization problem, whose closed-form solution is hard to obtain and is rather difficult to solve with a conventional convex optimization method. Fortunately, inspired by the fading region zoning philosophy of [16] and discrete NCM approaches of [21] , we develop the following power control policy based on (15):
A few further points have to be noted about the optimization problem: 1) As is graphically portrayed in Fig. 8 , in each fading region, one transmit power S η δ (γ 1 , γ 2 ) corresponds to two rates (M 1,η and M 2,δ ). However, M 1,η and M 2,δ destined for DN1 and DN2 cannot reach their optimal match with the S η δ (γ 1 , γ 2 ) at the same time, except when γ 1 = γ 2 which is practically impossible in time-varying fading channels. That is to say, (18) signifies an inevitable power-loss or rate-loss. 2 average SNRs R 1, n 1 , R 2, n 2 fading region zoning β 1 , β 2 , β 3 , β 4 BER curve fitting parameters (Table IV 2) Intuitively, to maximize the pair of user's weighted sum rate is equivalent to find the optimal region partitions R 1,n 1 = [γ 1,n 1 −1 , γ 1,n 1 ) , n 1 = 1, . . . , N 1 and R 2,n 2 = [γ 2,n 2 −1 , γ 1,n 2 ) , n 2 = 1, . . . , N 2 , which are jointly determined by the average power constraint and the fading distribution p(γ i ), i = 1, 2. R 1,η and R 2,δ cannot be found in a closed form, and hence, it has to be determined using numerical search techniques.
Of particular note is that the search method of this optimization problem imposes an excessive computational complexity due to its multilayer nested loop. The traditional search technique of [16] adopted an exhaustive search (ES) method, which again, imposes an excessive computational complexity. Although the optimization problem can be solved with the aid of the ES algorithm, we have designed a reduced-complexity heuristic algorithm to solve this problem by invoking a simulated annealing (SA) algorithm, as seen in Algorithm 3. Finally, once the optimal boundaries have been obtained, they can be stored in a lookup table, hence dispensing with real-time calculations.
From the above derivation and discussion, it might be concluded that the combination of TC-NCM with discreterate adaptive modulation holds the promise of improving the throughput of DF-TWR, while maintaining the same BER performance. Relying on the optimization problem of (17) and (18), we will next present the analytical and simulation results.
VI. NUMERICAL RESULTS AND ANALYSIS
In this section, we provide both simulation results and numerical results for characterizing both the BER performance and the bandwidth efficiency of the four-state TC-NCM scheme of Tables I and II described in the previous section. These results are obtained using both the analytical formulas derived in Section V and simulations. The simulations are based on Generate new R ; 6:
Re-Calculate the power P w ; 7:
if P w − P w < 0 then 8:
Let R = R ; 9: else 10: [24] , with the NCM embedded into TCM, using the following experimental conditions: 1) Common Parameter Settings: a) Fading distribution: Let the fading channels obey Rayleigh fading adhering to A1). Then, the distribution of γ i is given by letting m = 1 in (1), yielding Tables I and II . Table IV . f) BER and average power constraint: The target BER is 10 −3 and S = 1. g) Range of SNR fluctuations: We restrict the nearinstantaneous SNR fluctuations to limited dynamic range, which was set to be ten times the average SNR. Table V. A range of representative numerical results are presented for validating our previous analysis. Let us first demonstrate that embedding NCM into TCM does not affect the channel coding gain, and that the resultant TC-NCM design has the same BER performance as TCM. Fig. 9 plots our BER simulation results for the RN→DN1 link based on our TC-NC-PSK scheme. For comparison, the benchmarks include the BER simulation results of four-state TCM-8PSK, the uncoded 4PSK, as well as the asymptotic performance of TCM-PSK [27, Fig. 4 ]. Observe that the TCM-8PSK curve and our proposed TC-NC-8PSK curve match well with each other, which confirms that embedding NCM into TCM does not affect the BER performance. Hence, it can be concluded that we can exploit the coding gain of TCM for adaptive NCM. For example, four-state TCM offers a coding gain of 3.01 dB [23] , compared to uncoded QPSK. Therefore, our TC-NCM also obtains the same coding gain with the aid of four-state TCM. Higher gains may be obtained if we adopt a higher memory TCM design. Based on this conclusion, we could further analyze the performance of TC-NCM.
We plot the achievable throughput of the four-state TC-NC-PSK in Fig. 10 , where the benchmarks are the achievable rate of the single-user adaptive TCM, the continuous-rate adaptive NC-PSK and the discrete-rate adaptive TC-NC-PSK schemes. It can be observed that the proposed TC-NC-PSK is superior to its counterparts operating without TCM, where the throughput gain ranges from 0.25 to 0.35 bits/symbol at low SNRs. We will offer further observations during our forthcoming discourse.
1) It can be concluded that our proposed TC-NC-PSK attains a higher throughput than adaptive NC-PSK [21] for the DF-TWR's downlink. The achievable rate of TC-NC-PSK approaches the single-user TCM scheme's performance, despite the fact that our scheme supports the more challenging scenario of DF-TWR. 2) The system benefits substantially from channel coding (by about 3 dB), when the average SNRs are low, whereas it only benefits modestly at high average SNRs. This is due to the fact that upon increasing the average SNR, the BER target of 10 −3 can be readily satisfied. Therefore, the channel coding benefits become modest. This is the rationale of gradually increasing the code-rate toward unity.
3) It is also worth noting that the throughput of the discreterate adaptive scheme saturates upon increasing the average SNR at the same value (about 2.105 bps/Hz) as that of its uncoded adaptive NC-PSK counterpart. This is due to the fact that in (14), we adopt β 3 = 1.9 for MPSK. Hence, for the optimal solution, we have an achievable rate of (log 2 16)/1.9 ≈ 2.1053. We then further present the throughput of adaptive TC-NC-PSK for higher complexity codes in Fig. 11 . Naturally, a higher number states will offer a higher coding gain (4.5 dB or more) but will increase the decoding complexity of the design.
In order to complete our adaptive TC-NCM design, we characterize the attainable throughput of TC-NC-QAM in Fig. 12 . Similar trends prevail as previously. Of particular note is that our TC-NCM scheme adopts a joint coding and modulation design, which reduces the associated hardware cost. Therefore, it is suitable for diverse practical applications. Based on Figs. 10-12, it can be concluded that our holistic design has the advantage of an improved adaptability and high throughput, especially for transmission at low average SNRs.
VII. CONCLUSION
In this paper, we developed a transmission regime for the downlink of a DF-TWR system, relying on the combination of TCM and NCM. The general principle of combining coset codes with NCM was presented. We then conceived the transmitter structure of our TC-NCM scheme and applied this design to practical QAM/PSK arrangements. We continued by proposing the general encoding and decoding algorithm for TC-NC-QAM/PSK, where our transmission mechanism was interpreted with the aid of examples. Finally, the attainable performance of our discrete-rate adaptive NCM scheme was investigated. Our simulation and numerical results indicate that compared to uncoded adaptive NC-QAM/PSK and to peerto-peer adaptive modulation, our proposed TC-NCM schemes are capable of further improving the throughput of DF-TWR systems while maintaining the same BER performance. For future studies, an attractive direction is to investigate the attainable shaping gain of the constellation, which may further improve the system's throughput.
APPENDIX DERIVATION OF THE SNR-LOSS [13]
Since M 2 > M 1 , we have λ 1 < 1 and λ 2 = 1, which implies imposing an SNR loss for the RN→DN1 link that remains constant across the entire SNR range.
Analysis: The reason for this SNR loss at the receiver of DN1 can be stated as follows. Since QAM is regarded as a pair of orthogonal pulse-amplitude modulation (PAM) signals, we may simply focus our discussions on the I component. Given a I 2 , the legitimate symbols at the DN1 have a nonzero mean of
In contrast to the classic zero-mean √ M 1 -ary PAM, the direct current bias of such a circularly shifted √ M 1 -ary PAM constellation will result in some extra energy consumption, which therefore results in the above-mentioned SNR loss. She is currently a Lecturer with the NDSC. Her research interests include the areas of cognitive communication, wireless ad hoc networks, heterogeneous network convergence, and wireless network security. 
